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A General concepts

We emphasize transparency in outlining the methodological assumptions and sources
on the basis of which we elaborated the presented estimates. Much more than arguing in
favor of one specific number or the other, we present the estimates as a first approximation,
which could certainly be refined in the future (depending on the available resources). In order
to facilitate future generations of research on this topic, the next 250 pages outline the details
of the applied methodology, enlisting including all 1120 sources that inform our estimates.

A.1 Datasheets

The following tables are the statistical basis for the figures and tables presented in the
main article.

Table S A-1: World’s technological installed capacity to store information, in optimally compressed
Megabytes (MB) per year, for 1986, 1993, 2000 and 2007.

Books 5.14E+08 7.40E+08 9.67E+08 1.19E+09
Other paper & print 2.04E+09 3.53E+09 5.54E+09 6.37E+09
Newsprint 6.17E+09 8.83E+09 1.21E+10 1.18E+10
TV movie film 4.83E+09 7.73E+09 1.31E+10 2.71E+10
X-Rays 1.98E+10 2.25E+10 2.56E+10 2.91E+10
LQDD TV episodes film 1.24E+10 1.58E+10 2.29E+10 3.57E+10
£ | vinylLp 3.76E+11  3.19E+11  1.49E+11  3.81E+10
Cine movie film 1.43E+10 1.87E+10 2.74E+10 3.95E+10
Photo negative 1.22E+11 1.67E+11 2.71E+11 1.04E+11
Audio cassette 3.09E+11 6.64E+11 7.22E+11 2.66E+11
Photo print 2.20E+11 3.71E+11 5.66E+11 6.04E+11
Video analog 1.53E+12 1.36E+13 3.89E+13 1.77E+13
Chip Card 2.50E+03 1.02E+08 3.84E+08 3.54E+08
Floppy disks 6.04E+08 4.88E+09 1.23E+11 3.80E+10
Camera & camcorder internal - 9.16E+07 2.73E+08 8.09E+10
Videogames others 5.26E+06 3.23E+08 4.10E+09 1.07E+11
Mobile phones & PDA - 1.38E+05 1.85E+08 2.06E+11
< | Memory Cards - - 1.01E+09 1.86E+12
:Eo Portable Media Player - - 3.26E+08 5.54E+12
2 | Other hard-disks (portable) 6.79E+06 1.46E+07 2.07E+09 6.49E+12
CDs and MiniDiscs 1.63E+10 3.80E+11 5.50E+12 1.88E+13
Server & Mainframe hard-disk | 3.87E+08 6.13E+09 3.27E+11 2.45E+13
Digital tape 3.35E+09 1.33E+11 4.56E+12 3.25E+13
DVD & Blu-Ray - - 2.17E+11 6.30E+13
PC hard-disk 1.24E+08 8.44E+09 2.99E+12 1.23E+14




SUM 2.64E+12 1.58E+13 5.45E+13 2.95E+14
Analog 2.62E+12 1.52E+13 4.08E+13 1.89E+13

Digital 2.08E+10 5.33E+11 1.37E+13 2.76E+14

Source: authors’ own elaboration, based on Supporting Online Material: Material and
Methods, Sections C. Storage and B. Compression.

Table S A-2: World’s technological effective capacity to broadcast and telecommunicate

information, in optimally compressed Megabytes (MB) per year, for 1986, 1993, 2000 and 2007.

<_n:° TV-Terrestrial analog 3.42E+14 5.20E+14 7.03E+14 9.44E+14
£ | Tv-Cable analog 5.54E+13  1.33E+14  2.80E+14  3.91E+14
_g’ TV-Satellite analog 2.63E+12 2.57E+13 4.68E+13 5.45E+13
ﬁ Radio analog 3.10E+13 3.54E+13 3.70E+13 3.21E+13
',': Paper Newspapers 3.08E+11 2.47E+11 2.24E+11 1.75E+11
c% Paper advertisement 5.11E+09 7.85E+09 9.96E+09 1.40E+10
o TV-Satellite digital - - 6.03E+13 2.27E+14
b = TV-Cable digital - - 2.11E+13 1.62E+14
S & TV-Terrestrial digital - - 1.03E+12  7.05E+13
S °| Radio digital - - 1.19E+12  8.60E+12
“ | GPS - - 1.63E+08  1.55E+10
g o Fixed (voice) phone analog 2.24E+11 1.45E+11 3.88E+10 1.81E+10
D © Postal letters 9.48E+08 1.14E+09 1.39E+09 1.02E+09
= ®| Mobile (voice) phone analog | 4.89E+07 2.68E+09 1.13E+10 1.71E+10
e _ Internet fixed 2.35E+06 6.19E+09 1.15E+12 6.31E+13
9 3| Fixed (voice) phone digital 5.57E+10 3.17E+11 9.42E+11 9.59E+11
% %ﬂ Mobile (data) phone digital - - 1.01E+07 7.18E+11
. Mobile (voice) phone digital - 1.18E+08 9.52E+10 5.44E+11
SUM 4.32E+14 7.16E+14 1.15E+15 1.96E+15
Analog broadcast 4.32E+14 7.15E+14 1.07E+15 1.42E+15
Digital broadcast - - 8.37E+13 4.68E+14
Broadcast 4.32E+14 7.15E+14 1.15E+15 1.89E+15
Analog telecom 2.25E+11 1.48E+11 5.15E+10 3.63E+10
Digital telecom 5.57E+10 3.23E+11 2.19E+12 6.53E+13
Telecom 2.81E+11 4.71E+11 2.24E+12 6.54E+13

Source: authors’ own elaboration, based on Supporting Online Material: Material and
Methods, Sections D. Communication and B. Compression.



Table S A-3: World’s technological installed capacity to compute information, in MIPS, for 1986,
1993, 2000 and 2007.

Personal computers 9.85E+07 2.85E+09 2.48E+11 4.20E+12

§ Videogame consoles 2.69E+07 2.77E+08 1.32E+10 1.61E+12

g’ Mobile phones/ PDA 0.00E+00 2.01E+07 9.25E+09 3.73E+11

& | Servers and mainframe 5.12E+07 1.00E+09 1.72E+10 1.73E+11

g Supercomputers 1.03E+05 6.95E+06 2.12E+08 2.13E+10

g Pocket calculators 1.23E+08 2.68E+08 6.87E+08 1.92E+09
SUM 3.00E+08 4.43E+09 2.89E+11 6.38E+12

g o Digital Signal Processors (DSP) 1.72E+07 1.03E+09 1.25E+11 2.01E+12
5 § Microcontroller Units (MCU) 3.89E+08 1.02E+10 3.69E+11 3.21E+12
'—é 2 | Graphic Processing Units (GPU) | 2.70E+07 6.77E+09 9.54E+11 1.84E+14
< SUM 4.33E+08 1.80E+10 1.45E+12 1.89E+14

Source: authors’ own elaboration, based on Supporting Online Material: Material and

Methods, Section E. Computation.

Table S A-4: World’s technological effective capacity to compute information on general-purpose
computers (gross usage), in MIPS, for 1986, 1993, 2000 and 2007.

Personal computers 5.86E+05 8.56E+07 9.72E+09 2.79E+11
Videogame consoles 5.85E+04 4.31E+06 4.,78E+08 1.11E+11
Mobile phones/ PDA 0.00E+00 0.00E+00 9.90E+08 6.87E+10

Servers and mainframe 1.54E+07 3.02E+08 5.18E+09 5.77E+10
Supercomputers 1.03E+05 6.95E+06 2.12E+08 2.13E+10
Pocket calculators 1.21E+06 3.22E+06 1.01E+07 3.05E+07
SUM 1.73E+07 4.02E+08 1.66E+10 5.38E+11

Source: authors’ own elaboration, based on Supporting Online Material: Material and
Methods, Section E. Computation.

Table S A-5: World population for 1986, 1993, 2000 and 2007, with compound annual growth rates.

4,902,499,030 5,505,145,979 | 6,062,726,734 | 6,596,812,714 1.42%
CAGR since previous 1.7% 1.4% 1.2%
measurement
Source: (1).



A.2 Differences and grey zones between storage,
communication and computation

Technologies can be defined as standardized solutions to prototypical problems, which
are derived from knowledge about the world" and are embedded in physical structure (2-4).
Information and Communication Technologies (ICT) provide standardized solutions to three
kinds of related prototypical problems: how to communicate information between points A
and B (the transmission of information through space); how to transmit information from time
1 to 2 (the transmission of information through time, or storage in some memory) and how to
transform information (computation), either from X to x (translation of symbols), or from X
into Y (transformation of meaning) (5). These are the most fundamental information
processes, and everything that can be done with information has to do with one of those three
or a combination of them. Given the relatedness of all three information operations through
space and time, it is not surprising that there are significant grey zones between them.

For example, it is not always clear when an informational process belongs to the
world’s technological capacity to compute or to store information. In our account of storage,
we include those technologies whose main priority is to store information for “later” retrieval.
Remembering that a computer, in the sense of a Turing machine, is nothing else than a
machine that stores and retrieves information from some kind of storage (in some particular
order), it would of course be justified to also include supporting memory, such as RAM
(random-access memory), in the global stock of information storage. However, the information
in this volatile storage is lost upon disconnection with the power supply and its primary
purpose consists in supporting the computational processes, not in storage of information
through “longer” periods of time (in sensu stricto, this of course depends on the time-scale
applied to define “longer”). We therefore do not include RAM in our account of storage
devices. We count only storage technologies that have the final end of storing information,
while the capacity of RAM is indirectly included in the account of the world’s computational
power.

A similar grey zone exists between the classification of storage and communication.
We include some technologies in both groups. For example, we classify newspapers both as
part of the world’s communication capacity and as part of the stock of storage (assuming that
each newspaper is stored for one week and then destroyed). We also consider the amount of
information communicated through the fixed or mobile Internet, and the amount of
information that can be stored in fixed or mobile hard disks. In other cases we only account for
one category. For example, we do not account for the amount of information transmitted
when a friend lends a book to another friend or when you carry a book from your desk to the
bedroom (even though one might as well argue that this “communicates” information from
place A to place B). We account for this book in our storage inventory. Similarly, in our
estimate of the communication capacity we include the amount of information that is
delivered to the home through broadcasting channels and displayed at a TV receiver, but not

! Knowledge about the world is a more casual expression for meaningful algorithms (i.e. algorithms that represent
mutual information between the code and the real world).



the amount that is carried to the home on a videogame console or DVD and displayed at the
same TV receiver. In both cases, we consider that the primary function of a book or a DVD is
storage (through time), not the transmission of information over a geographic distance
(through space).

This being said, we have decided to define communication as the amount of
information that is effectively delivered to the consumer after it has been transmitted over a
considerable distance, which we delineate as being outside the local area. Of course, this
definition is not absolutely precise and depends on how “local area” is defined. We consider
that the 50 cm between the TV screen and the user is not to be considered as transmission,
while kilometers between the broadcast station and the TV set are to be included. There are
cases that fall between the cracks. One example concerns information that is transmitted in
closed local networks that do not make part of the Internet (such as closed company LANs or
surveillance camera networks). The nature of the information transmission in them is
conceptually similar to the example of carrying a book from one room into the other. Their
main purpose is a local sharing of information, not the overcoming of distance. One could
account for this kind of information within the global capacity to store information, or one
might as well argue that this information is transmitted over a certain distance and count it as
a contribution to the world’s communication capacity. We chose to account for it as storage,
last but not least because of the lack of trustworthy and representative statistics on closed,
private and local networks.

In the case of storage, we estimate the total installed capacity, which means that we
suppose that the entire storage space is used completely. For the case of computation, we
elaborate two estimates. On the one hand we estimate the amount of instructions per second
that can be processed by a computer. This can be represented in MIPS (million instructions per
second) or multiplied by 365.2422 days * 24 hours * 60 minutes * 60 seconds, to obtain the
instructions that are possible per year. On the other hand, we also made estimations based on
the effective gross usage of the computers, which implies counting differential usage rates for
each technology (see specification in E Computation). We call it “gross usage” because these
statistics simply tell us how long a user has been interacting with a computer, not how many
seconds the computer was running at full capacity.

The case of communication is tricky in this regard. Some communication technologies
could be running all day long at full capacity (i.e. broadcasting TV and radio), while others
share their common backbone infrastructure and would collapse if every subscriber would
demand total bandwidth at the same moment (i.e. Internet, mobile telephony or the postal
system). Therefore we opt for the effective communication in this case and count only those
bits that are effectively sent. We only account for the number of minutes that are received by
a TV set from a broadcasting station, and do not account for the bandwidth reported by the
access provider in Mbps, but the installed backbone traffic, which reflects the effective usage
of a shared network.
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B Compression

In order to be able to meaningfully estimate the amount of information that is stored
and communicated in technological devices, we require statistics on (i) the quantity of devices,
(ii) the hardware capacity of each device, and (iii) the compression rate with which information
is compressed. The normalization on compression tells us how much information (bits) are
stored on each hardware binary digit (1-2). The normalization compression rate depends on
(iii.a) the type of content that is compressed (the probabilistic structure of the source). The
largest distinction consists between sources of different content types: text, still images in
black and white, still images in color, audio, music, voice, and moving images (video).
Therefore, we will require an estimation of the type of content. And, (iii.b) we have to know
the dominating compression algorithm used for this kind of content. Since these last two
statistics are very rare and quite unreliable, we decided to focus only on four representative
years over the past two decades: 1986 (which is basically before the digital age); 1993 (which is
at the starting era of the Internet and mobile telephony); 2000 (which is at the height of ICT
investments at the stock market); and 2007 (the last year for which we obtained reliable global
statistics). This choice of four equally distant points in time allows us to measure three periods
of growth (86-93; 93-00; 00-07), which is the minimum requirement to obtain a basic
understanding of the overall shape of the growth process.

III

B.1 The “optimal level” of compression

The majority of information sources are redundant, which is to say, they contain a lot
of information that is predictable, and therefore does not represent “information”, in the
sense that they reduce uncertainty (1,2). Information Theory (1-5) permits the calculation of
the theoretically possible compression level when the probable distribution of the source
(which could be text, image, sound, etc.) is known. Unfortunately in many cases this
distribution is not known (e.g. what is the probability of a blue pixel appearing in a video?).
Coding theory aims to reach this theoretical level in practice. Lamentably, there exists no
systematic method. In general, progress consists of engineering processes of “trial and error”,
and in some cases it is not even understood why some specific algorithms have reached a
performance as close to the theoretical limit. It is a continual process and significant advances
have been achieved over the last 20 years in getting closer to the optimal level of compression
(which is to say, in removing the largest amount of redundancy). Here we assume that the
most efficient level of compression achieved in 2007 represents the "entropic" level and refer
to it as "optimal level of compression”. We normalize on this level of compression. It might
well be that future algorithms discover ways to compress certain kinds of content even
further. Only the future will tell if this will be the case. If this is the case, it might be useful to

III

renormalize on the newly found “entropic level” of compression.
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In practice one often uses “lossy” compression, which means that some of the true
information is deleted. While this decreases the quality of the information in question, we only
chose those algorithms which result in a loss that can usually not be noted by the human
observer. All of this being said, for our practical purposes, we define the “entropic” level of
compression as the optimally achievable level of compression with very good and excellent
quality results in 2007. We normalize our estimates on what in 2007 was seen as “optimal
available compression”. In the future, this might of course change as coding theorists discover
how to exploit yet unknown structures in the most diverse streams of data. In general, we can
observe that with every new technological progress in compression algorithms (consisting of
exploiting the underlying structure of information from a certain kind of source, focusing on
detecting the redundancy in a message), we are able store more information (bits) with less
symbols (binary digits, or “data”).

The following explains the operating principles of the most efficient algorithms, which
occasionally are also the most popular ones, and presents the achieved compression rates. We
also report the most commonly used algorithms (“dominant design”) in 1986, 1993, 2000 and
2007, which are necessary to estimate at which level of compression a certain type of content
can be found at which point in time.

B.2 Text

Although many specific algorithms exist for the compression of text (6, 7, 8), the most
popular compression programs used in computers are the RAR and ZIP formats. Both are
widely used principally in the compression of text, but can also be used for the
storage/transmission of several coded files of diverse contents (for example, all the songs
contained on a disk or a photo album from some special occasion can both be compressed into
one ZIP file). We also use the compression levels of RAR and ZIP algorithms as an
approximation for the compression algorithms used by Microsoft in its Word processor
program (in “.doc” and “.docx” files, both of which achieve rates very similar to those of RAR
and ZIP).

B.2.1 RAR

RAR is a proprietary format, an acronym for Roshal Archive (or RoshalARchiver), with
its names owing to its creator Eugene Roshal, who developed this method as his doctoral
thesis. Its implementations in software have the particular characteristic of permitting the user
to specify the amount of redundancy (as a percentage of the original size of the data to be
processed), in this way allowing the data to be more or less robust against file corruption
depending on the amount of redundancy left (6).

RAR has two compression modes: general and special. The first of the two utilizes an
algorithm based on LZSS, very similar to ZIP’s deflate. Starting with version 3.0, RAR also uses a
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special compression mode to improve the compression of like-text data. This mode is based on
the PPMD mode (also known as PPMII).

In Table S B-1 we present the results of the compression of text in this format (other
types of content besides text are not considered, because it known that RAR is not as efficient
as other methods when it comes to other types of content).

Table S B-1: Results of the benchmark for optimal compression algorithms.

Data to be compressed Compressed data

Algorithm Compression factor’
[bytes] [bytes]
1,000,000,000 198,454,545 5.04
PPMD (WinRAR 3.6)
100,000,000 22,713,569 4.40
LZSS (WinRAR 2.01)* 3,393,000 782,050 4.34

Source: (9, 10)

B.2.2 ZIP

The compressed file format ZIP is very simple. It permits a reduction in size of a group
of files (each in an independent manner), and is widely used. Applications such as WinZip,
Gzip, etc. utilize a method called deflate®. This is a very popular method and is used by other
applications such as HTTP protocol, the protocol of compression control PPP, PDF (Portable
Document File) and the graphic file formats PNG and MNG (Multi-Image Network Graphics),
among others (6).

Developed by Philip Katz in 1989, the deflate method and the ZIP file format are part
of the public domain, which is why there exists a grand number of applications which utilize
them in different computing platforms. In order to identify an average compression factor for
ZIP (regardless of the application being used), we consider a simple average of the
compression factors reported in Table S B-2, which results in 4.61.

Table S B-2: Results of the benchmark for optimal compression algorithms.

Data to be compressed

Algorithm Compressed data [bytes] = Compression factor
[bytes]
7-Zip 3,393,000 650,610 5.22
Bzip2 3,393,000 678,030 5.00
advZip 3,393,000 808,720 4.20
Gzip 3,393,000 841,490 4.03

Source: (10)

> The presented figure corresponds to the quotient between the original size of the file and its compressed size.
% The ZIP format utilizes several methods for compression (all based on the dictionary, such as LZW, LZ77, based on
sliding window, etc.); however, deflate is the one most commonly used.

14



B.2.3 Text Compression Rates over time

1986

Around 1986, the LZW algorithm (an improvement on LZ77), developed by Abraham
Lempel, Jacob Ziv, and Terry Welch in 1984, was implemented in the program compress, and
was the standard utility in the UNIX system (113). This algorithm is referred to as the standard.
The compression rate achieved by LZW is variable and depends on the type of data (text) that
is being compressed. Based on what is reported in (11), we have formed a simple average of
each of the rates, obtaining a result of 2.2:1.

1993

The assumptions for this year are that in comparison with the period before 1993, the
distribution of compressed data formats did not vary in 1993; and that there is a direct
proportional relation between what is transferred and what is stored (it is known that this is
not always the case, but given the lack of information, it is considered valid).

Table S B-3 presents the percentages, which represent each of the formats and their
respective compression rates. With respect to the percentages, that is to say, the distribution
of use of LZW, ZIP, and others, they were calculated starting with the number of archives most
commonly transferred by FTP (File Transfer Protocol) (12), and not the number of bits that
such file transfers involve, this being because said number would better indicate the
preferences of the users regarding the use of the different formats. We may suppose that the
assigned compression rate with other formats (different than LZW and ZIP, among which
include the files .arj, .uu, .dms, .Izh, etc.) is the same achieved by LZW (on this subject, no
other statistic is known).

Table S B-3: Distribution of formats of file compression and their respective compression rates.

Algorithm Percentage [%] Compression factor
LZW 45% 2.2
Zip (deflate) 31% 4.6
Others 24% 2.2
Sum and weighted averaged
Total text 100% 2.9

Source: Authors’ own elaboration, based on various sources (see text).

2000

It is supposed that the ZIP format is the most used in compression of text files in this
period. While it is so that the RAR format had already been introduced in 1996, for the fact of
being proprietary software, it still was not able to get a significant percentage of use (apart
from that, both formats present a very similar performance: 4.6:1 versus 4.7:1). On the other
hand, LZW fell out of use owing to technical problems and difficulties with the patent in 1987
(113), so it is assumed that its percentage of use is negligible.
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2007

For this year we suppose the most common use of RAR in combination with ZIP for the
compression of text. The difference is marginal, given that both formats present a very similar
performance (4.6: 1 versus 4.7: 1). It is important to note that new algorithms have been
developed for the compression of text (PPM, CM, etc) that achieve a higher performance;
however, their use still is not very wide, mostly owing to problems with the applications which
implement them (for example, they require certain hardware characteristics to be able to
function correctly) or to a lack of market interest or publicity.

Optimal

There exists a large amount of literature on the different types of text compression
algorithms, which has generated a series of contradictory results. For our studies, we have
decided to use the Mahoney report (13), which is used in the selection of the winner of the
Hutter Prize®. It evaluates the performance of 120 different programs, each of them
implementing one or a combination of the following text compression algorithms: based on
dictionary, LZ77 (Lempel-Ziv-1977), LZW (Lempel-Ziv-Welch), ROLZ (Reduced Offset Lempel-
Ziv), LZP (Lempel-ZivPredictive), PPM (PredictionbyPartial Match), SR (Symbol Ranking), BWT
(Burrows-WheelerTransform), DMC (DynamicMarkovCoding) and CM (ContextMixing). The
programs are utilized to compress the first 10° (considered for the Hutter prize) and 10° bytes
of the English version of Wikipedia on March 3, 2006.

The program with the best performance was DURILCA, a compressor based on the
PPMD algorithm with compression filters for different types of files (text, executable .exe and
data with fixed length registers), developed by the Russian Dmitry Shkarin in 2006. Eight
versions of the program were evaluated (with 27 distinct configurations in all), each of them
serving different sizes in byte of compressed archives. The next table shows the average
performance of this program calculated as a simple average of the sizes of compressed files
(for results with more detail, see (14)).

Table S B-4: Results of the benchmark for the optimal compression algorithm.

. Data to be compressed Compressed data .
Algorithm Compression Factors
[bytes] [bytes]
) 1,000,000,000 136,578,536 7.32
PPM (durilca)
100,000,000 17,023,623 5.87

Source: (14)

Given the difference in the observed compression rates caused by the difference
between the texts to be compressed, we have opted to utilize an average compression ratio of
both —equal to 6.6:1 (original: compressed). This way it is taken into consideration that the

* The aim of the Hutter Prize is to promote research in the field of artificial intelligence, specifically in the area of
text compression; http://prize.hutterl.net/.
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algorithm in effect presents a performance, which is not always constant. This would imply
that on average, every character, which at first is coded with 8 bits (UTF-8), would need only
1.21 bits to be represented, which is within the proposed limits by Claude E. Shannon (5) in his
publication “Prediction and Entropy of Printed English”: between 0.6 — 1.3 bits per character.

B.3 Still Images

A continuous image (non-digital or “analog”) is the spatial distribution of irradiance” on
a plane. In laymens terms, what the scanning process does is divide that image into small areas
and then calculate the average irradiance for each one to create a two dimensional array (of m
rows and n columns), in which the value of each of its components —called pixels or pel (picture
element)- corresponds to the average irradiance. Pixels are fundamental in the digitization and
the resolutions® already equal to mxn of the image depending on their size. In Figure S B-2, the
same image with different numbers of pixels (different resolutions) is shown (15).

a b

Figure S B-2: Dependence of resolution on the number of pixels. Image with different resolution
(pixel count): (a) 3x4, (b) 12x16, (c) 48x64 y (d) 192x256 (15).

The first step in the digitization of a continuous image corresponds to sampling, a
process in which a continuous space is converted into a discrete one. Following the sampling of
an image, it becomes necessary to quantify the sample values: to measure the irradiance of
each pixel in a two-dimensional image, they should be mapped out on a limited number of
discrete values (quantization levels) in gray or in color. Figure S B-3 shows monochromatic
images quantified with 2 to 256 levels of grey. It can be easily observed that with fewer levels,
it becomes more difficult to recognize objects that show a slow spatial variation of grey values.

> The irradiance is the quantity used to describe the power per unit area for all kinds of electronic radiation,
corresponding to the visible spectrum.

® The term resolution is sometimes used to indicate the number of pixels per unit length in the image. Examples of
this are the units ppi or pdi.

17



With two levels (1 [bit/pixel]), the image produced is in black and white. Generally, the image
data of these types are quantified in 256 levels of gray. So, each pixel is represented by 8 bits
(2%) (15). Also, each component of a color image is quantized with 24 bits, yielding a total of
more than 16 million different colors. This is known as “true color” (16).

Figure S B-3: Effect of quantization levels on the quality of the image: (a) 8 [bit/pixel], (b) 4
[bit/pixel], (c) 2 [bit/pixel] y (d) 1 [bit/pixel] (17).

Digital images tend to use a lot of space on the storage hardware. For example, a
512x512 pixel resolution in true color (24 [bit/pixel]) uses 786 432 bytes, while one of
1024x1024 requires 3 145 728 bytes for its storage purposes. With this in mind, image
compression algorithms have become essential. Lossy compression aims at discarding some of
the features that are not visible to the naked eye, without losing the quality of the compressed
image. The idea is the corner stone of lossy compression algorithms, which in addition to
classic reduction or elimination of redundant content used in lossless algorithms, also uses the
additional concept of removing irrelevant content (information that is not noticeable to the
human senses).

When coming up against the challenge of cutting out the redundancy of an image, the
art of image compression consists in exploiting the correlation between pixels. If two pixels are
perfectly correlated, then all that needs to be done is store the first ones: the second is
predictable in relation to the first, and therefore it does not transmit any additional
information. One of the problems with images is that there exists no clearly established
alphabet and dictionary of shapes and colors, as there does for letters and words. This makes it
somewhat difficult to calculate the probabilities of each pixel in the image. For example, if a
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pixel has the color blue, what are the chances that the pixel to the left is green? This depends
on a lot of things and varies for different types of images.

That said, there are many algorithms to compress images, each with its own advantages
and disadvantages. For this study, we look at the three most-used which as well show good
performance at the time of compression. The selected techniques are JPEG, PNG and GIF.
According to (18), more than 90% of users utilize JPEG and following several sources, among
them (19, 20, 8), GIF and PNG are the most-used format on the Web.

B.3.1 JPEG

JPEG (Joint Photographic Expert Group) is a compression technique with and without
losses for images in color or in gray scale, standardized by the joint group CCITT/ISO in 1991. In
2000, the successor to the lossy JPEG was standardized: JPEG2000, which gives better results
in terms of trade-off quality/compression than did its predecessor (21, 22). The better
performance of JPEG2000 in highly compressed images is due to the fact that it does not
present pixelization (notable pixels in the image), but something more like a “blur” (see Figure
S B-4). However, it is clear that these high rates (greater than 100:1) greatly affect the image
quality.

JPEG (21:1 - high quality) 1.1.1.1.1 JPEG2000 (21:1 - high quality)

1.1.1.1.2 JPEG (217:1 — Poor quality) 1.1.1.1.3 JPEG2000 (217:1 — Poor quality)

Figure S B-4: Comparision JPEG vs JPEG2000 (22).
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One key feature that has allowed the all-around success of JPEG is that it lets the user
configure many parameters, including the amount of losses permitted and the compression
ratio, which in the end enables the user to determine the quality and the desired compression.

The sequential lossless mode is based upon predictive coding principles, a simple
method which predicts the value of a pixel by the value of previously encoded pixels, given the
correlation between them. The typical ratio achieved is 2:1 for moderately complicated color
images (23, 24, 6). This can be understood as follows: each pixel in the image is represented by
16 binary digits, so after compression, on average, it would then be represented by only 8
binary digits. This compression level is not very effective and still ends up being a fairly large
image. The DCT based sequential mode (Baseline JPEG) is a lossy image compression and is the
most-used (following 18). JPEG Baseline meets the standards of criteria of fidelity defined by
Shannon, which say that an accurate representation of the original message is not necessarily
needed because of the limitations of the human perceptual system (i.e. vision) (25). In this
case, it takes advantage of the fact that the human eye is less sensitive to color changes than
changes in the brightness of an image. In color images, the majority of spatial information is
found in their “brightness”, while the color components remain largely redundant (6, 17, 20,
23, 24).

(24) proposes a guideline on the quality and quantity of bits (binary digits) per pixel for
a color image with moderately complex scenes. These can vary significantly depending on the
characteristics of the image source and on the content of the scene, but they do give a good
base for making estimations on the amount of information (Table S B-5).

Table S B-5: Relationship between the number of bits per pixel and the quality of the resulting

image.
[bits/pixel] Characteristics
0.25-0.5 Moderate to good quality, sufficient for some applications
0.5-0.75 Good to very good quality, sufficient for most applications
0.75-1.5 Excellent quality, sufficient for almost all applications
1.5-2.0 Usually indistinguishable from the original, sufficient for most demanding applications

Source: (24).

B.3.2 GIF

The GIF format (Graphic Interchange Format) was developed in 1987 by Compuserve
Information Services as a format for efficiently compressed graphic files (19). Due to its
superior compression ratio and greater color depth, JPEG has replaced GIF in the storage of
photographic images during the last years, even though GIF is still used for other applications,
mainly in Web browsers (because it compresses at a smaller size). The main features of a GIF
image are that they can have up to 256 colors (using from 1 up to 8 bits per pixel) (6). GIF scans
images row by row and finds out the correlation between the pixels in them but not the
correlation between the different rows. This shows that GIFs inefficiency lays in the singular
dimensional work of the GIF encoder, where the images are two dimensional. It could be that
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a certain image has a large region of constant values which can be taken advantage of when
considering two dimensional areas. Recently, a new standard called PNG has arrived which
utilizes the fact that the surroundings of a pixel present a variation of its values, generally in a
small sub-area of a coded image. PNG (Portable Network Graphics) utilizes the differences in
neighboring pixels, and therefore can achieve between 10% - 40% more storage than GIF (19).
Another factor to be considered is the fact that GIF does not introduce losses of information
because it does not eliminate what is irrelevant and preserves each original pixel.

B.3.3 Image compression rates over time

The following summarizes the compression ratios achieved by different compression
methods for still images. Regarding JPEG, we arrived at our estimation based on the data
presented in Table S B-5 and considered that a pixel has 24 bits in the case of a color image or
8 bits in gray scale. For the rest, we verified the information by other sources taken from (20).
It should be mentioned that the column on the ratio of black and white compression is only an
estimation (there is no specific information on the respect) based on the number of bits per
pixel in the case of JPEG, which is achieved once the compression is the same as for colors. This
assumption is justifiable since much of the information is contained in the brightness
(reflecting exactly a grayscale image) while the information provided by the color components
are practically redundancies. From this we may conclude that the amount of byte/pixel must
be very similar in both cases.

Table S B-6: Compression rates for the algorithms considered’.

Typical compression rate Typical compression rate o
Format Description
(color) (B&W)
Lossless compression for images with a
GIF 4:1-10:1[7:1] 4:1-10:1[7:1]
palette of 256 colors
JPEG
) ) 12:1-16:1[14:1) 4:1-5.3:1[4.7:1]
(high quality) High quality. Little or no loss in image
JPEG (moderate to high quality with continuous original tones
] 16:1 —32:1[24:1) 5.3:1-10.7:1[8:1]
quality)
. Moderate quality. Usually the best
JPEG (moderate quality) 32:1-48:1[40:1] 10.7:1-16:1[13.4:1] .
choice for use on the Web
Poor quality. Ok for simple images
JPEG (poor quality) 48:1-96:1[72:1] 16:1—32:1[24:1] q .y . p. . & X
(thumbnails). The pixelation is obvious
It behaves in a similar way to GIF but
PNG 10 - 30% smaller than GIF 10— 30% smaller than GIFs

with higher quality

Source: (20, 24)

Since there is no information available on the percentages of color or black and white
images, we will follow the same distribution of photographic negatives (for more in depth
details see Table S C-19, Appendix C). Different from text compression, the factors are not the

"In (20) the conjoining of JPEG is slightly different. It reports that for high quality, they vary between 10:1 — 20:1, for
medium quality —without separation between upper-middle and lower-middle— between 30:1 — 50:1 and for low
quality, between 60:1 — 100:1, which is consistent with reports by (24).
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same for each type of storage device and for transmission technologies for certain years
because it is considered that they store or transmit images with different qualities.

1986

Although the history of the digital image dates back to 1957 (26), in 1986 the
commercial compression methods were still in the experimental stage. That is why we may
assume that the compression factor is equal to 1: 1 (that is to say, no image is compressed) for
all storage devices and all transmission technologies.

1993

Since JPEG was established in 1992 (12), it may be assumed that is 1993 its use was
still minimal, so we will assume that all digital images were compressed in GIF format with a
compression ratio of 7:1 (average compression is chosen with the aim ensuring that the image
has good quality). As support for this assumption we have (27), which indicates that 99.8% of
server image requests were in GIF format in 1994 (for black and white and color images).

2000

(28) reports that 77.5% of image files in 1999 were stored in GIF format, while 22.5%
corresponds to JPEG. This ratio is considered for 2000, furthermore assuming that the
distribution is valid for any storage device or transmission. Since it is assumed that the images
are stored/transmitted with different qualities, the compression factor will vary in accordance
with the technology. Below we look over the details.

JPEG moderate-low quality

Compressed images of moderate to low quality are mainly used on the Web,
producing slight but noticeable distortions. They do not support extensions (whether done by
the zoom of some photo editor or in print) without affecting the quality negatively. It is
assumed that technologies that store JPEG with low-medium quality are for WWW, FTP and e-
mail traffic. On the other hand, with the exception of newspapers, we can suppose that the
distribution between color and black and white images is the same as those of photographic
films for this year (97.5% and 2.5%, respectively), so that if we calculate a weighted average it
would yield a compression factor equal to 14.28.

Table S B-7: Compression Factors.

Compression factors Percentage [%]
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Color B&N

GIF 7.0 7.0 77.5
JPEG 40.0 134 225
Average factors 14.43 8.44 -
Percentage 97.5 2.5

Weighted average 14.28

Source: Authors’ own elaboration, based on various sources (see text).

JPEG medium-high quality

Within this category, we have considered images stored on mobile phones (which only
store color JPEG color, not the GIF combination), floppy disks, digital data magnetic tapes and
video-game console data storage devices. Compression factors are shown in the next table.
Considering the combination of JPEG and GIF, the resulting weighted average of the image in
color and in black and white is equal to 10.74.

Table S B-8: Compression Factors.

Compression factors

Percentage [%]

Color B&N
GIF 7.0 7.0 77.5
JPEG 24.0 8.0 22.5
Average factors 10.83 7.23 -
Percentage 97.5 2.5
Weighted average 10.74

Source: Authors’ own elaboration, based on various sources (see text).

JPEG High quality

In this case, we will suppose that USB, PDA and hard disks store high quality JPEG, and
that furthermore, only digital cameras and CD/DVD use JPEG exclusively. For images stored in
“analog” (paper and film photographs; radiographies, etc.), only JPEG is used at this quality;
this is because this level of compression does not produce additional losses in quality. It is
important to keep in mind that the low level of quality of printed images has already been
considered during the process of digitization, and therefore, any further reduction through
compression would result in an impoverishment that would not fit with reality.

Table S B-9: Compression factors.
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Compression Factors

Percentage [%]

Color B&N
GIF 7.0 7.0 77.5
JPEG 14.0 4.7 22,5
Average factors 8.58 6.48 -
Percentage 97.5 2.5
Weighted average 8.53

Source: Authors’ own elaboration, based on various sources (see text).

2007

(29) reports that in 2005, 63.7% of the compressed images on servers that contained
all Danish web pages were stored were in JPEG format and the remaining 36.3% in GIF.
Supposing that the portions were kept constant with the passage of time and are valid for the
entire world, we consider the resulting weighted compression rates.

JPEG medium-low quality
Table S B-10: Compression factors.

Compression factors

Percentage [%]

Color B&N
GIF 7.0 7.0 36.3
JPEG 40.0 134 63.7
Average factors 28.02 11.08 -
Percentage 97.5 2.5
Weighted average 27.60

Source: Authors’ own elaboration, based on various sources (see text).

JPEG medium-high quality
Table S B-11: Compression factors

Compression factors

Percentage [%]

Color B&N
GIF 7.0 7.0 36.3
JPEG 24.0 8.0 63.7
Average factors 17.83 7.64 -
Percentage 97.5 2.5
Weighted average 17.57

Source: Authors’ own elaboration, based on various sources (see text).

JPEG High quality

The corresponding compression ratios are shown in the following table. We must
mention that the PNG image format, since its standardization in 2003, has grown in popularity
and according to (30) has started to replace the dominating GIF standard on the Internet and
in the storage of digital images, because it achieves between 10% - 40% better compression.
Nevertheless, due to the lack of information about percentage of use, this format is not
included in the estimate.
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Table S B-12: Compression factors.

Compression Factors
Percentage [%]

Color B&N
GIF 7.0 7.0 36.3
JPEG 14.0 4.7 63.7
Average factors 11.46 5.53 -
Percentage 97.5 2.5
Weighted average 11.31

Source: Authors’ own elaboration, based on various sources (see text).

Optimal

For this case, we will assume the maximum level of JPEG compression rates for each of
the categories seen.

Table S B-13: Optimum compression factors for still images.

Quality High Medium-High Medium-Low
Color compression factors 16 32 48
Black and white 6.0 10 16

Source: Authors’ own elaboration, based on various sources (see text).

B.4 Sound

The compression of sound information is grouped into two categories: voice and audio.
In each case, the algorithms take advantage of the very characteristics of each type of
information, and furthermore of the functioning of the human auditory system, to eliminate
the greatest amount of redundancy and, in the case of lossy compression, any irrelevant
information. The logic of digitization is common to both. In the first stage —sampling- the
continuous wave that represents sound is transformed into a sequence of simple values which
are taken in certain regular intervals of time. In practice, these take a rate 10% - 12% greater
than that obtained with the application of the Sampling Theorem (6, 31). When sound is
digitized at high fidelity, a sample rate of 44.1 [kHz] is utilized, which is only slightly greater
than twice the maximum audible frequency. Any lesser rate would lead to distortions (which
become more noticeable the lesser they are), while higher sample rates do not produce
notable improvements in the reconstruction (reproduction) of sound. Many low fidelity
applications sample sound at a rate of 11 [kHz] and the telephone system, originally designed
for conversations and not for digital communication, samples at 8 [kHz]. In this last case, any
frequency larger than 4 [kHz] is distorted and it is because of this that, during a call, it is

difficult to distinguish between the sounds of an “f” and an “s”, or of a “p” and a “b” or “d”,
reason why it is customary to use reference words when spelling over the phone (“a as in

apple”, etc).
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In the second stage of the process —quantization- the number of predefined discrete
values is determined by the quantity of binary digits with which each sample is codified. In
general, 8 to 16 bits are assigned by sample: if the first is utilized, a higher compression of the
file is achived; but a poorer reconstruction of the audio would be the result than when using
16 binary digits, since the sound would only present 256 distinct amplitudes (28), instead of
65,536 (2'°). In Figure S B-5, we present a comparison between an original sound wave
(sampled at 8 [kHz] and coded with 8 bits per sample) and a reconstruction. Using a little
imagination, it is possible to see that if quantization considers a smaller number of bits per
sample, which implies that the range between maximum and minimum signal amplitudes is
divided in less intervals (for example, if 4 bits per sample are used, this range would be divided
in only 16 (2%) intervals versus the 256 intervals achieved with 8 bits per sample), the
reconstructed signal would present longer vertical “steps” and the wave would present even
greater distortions than what is presented in the figure. The contrary situation would occur if
more bits per sample were used.

AN A N o

Original signal (the x’s show the location of the

1.1.1.1.4 Analog signal reconstructed from digital
samples)

1.1.1.15
Figure S B-5: Comparison between an original audio signal and an analog reconstruction from

digital® (32).

B.4.1 Voice

Among audio encoders, there exist a few that are designed specifically for the
compression of voice signals, owing to the nature of the human voice, which has certain
properties that allow for the achievement of more efficient signals (33). The basis of voice
compression techniques is the strong correlation that exists between adjacent samples in a
digitized audio signal, including in samples that are separated by 20 [ms] (6). Rarely some kind
of perceptual modeling is utilized (such as the kind used in MPEG-4 for other types of audio),
since the perception of the voice is quite different from other non-voice sounds (experiments

& While at first sight it would seem that the two are radically different (the “soft” form of the original wave is
replaced with another with well-defined “steps”); mathematically, the abrupt jumps that occur when moving from
one sample to another represent the high frequency components of the signal. These are usually eliminated with a
filter (high-pass), which is located at the exit of the digital/analog converter and amplifier before its reproduction.
This causes the wave to regain, to a certain point, its softness (32).
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have indicated a specialization in the brain, where one part is in charge only of processing
voice information (34)).

The basic techniques of voice compression come from the time of the invention of the
telephone by A. Graham Bell and the possibility to represent the form of a voice wave as an
electric analog signal by Homer Dudley (35). There are three principle types of voice encoders:

e Waveform: attempts to reproduce the original waveform signal, producing good to
excellent quality voice after compression and decompression, but generate high
bit rates (10 - 64 [kbps]). They do not predict the form in which the sound is
generated, but base it on a simple digitization of the sound (improving results with
the application of companding, ex. G.711). In voiced sound samples, they are
correlated (ex. ADPCM) or transform the audio samples to frequency domain,
taking advantage of the difference in sensitivity of the ear to different frequencies
(ex. SBCy ATC);

e Vocoders: use a predictive mathematical model for the calculation of certain
parameters that describe the production of voice, generating voice with low to
acceptable quality and compressing at very low rates (up to 2 [kbps]);

e Hybrids: combine the previous two to produce voice with quality ranging from
acceptable to good, with bit rates of between 2 and 16 [kbps].

good | Speech
uality .
AR Hybrid Waveform
o codecs codecs
air
poor / Vocoders
bad
I I ! I ! I
1 2 4 8 16 32 64

Bitrate (kbps)
Figure S B-6: Comparison of different kinds of voice encoders in terms of quality achieved (6).

For example, a telephone voice signal requires 64 [kbps] to be transmitted without a
great loss in quality, but modern compression techniques permit the bit rate to be reduced
from 13 to 8 [kbps] with algorithms based on a paradigm called “analysis-by-synthesis”® (RTP-
LPE o CELP, for example) —the base of hybrid encoders and the principle responsible for those
achievements-, with very little additional degradation (35). On the other hand, the appearance
of new applications, like video-conference services and the third generation of mobile phones

® The term “analysis-by-synthesis” refers to the active analytic process that can be applied to signals that are
produced by a generator whose properties are known. The nucleus of a system that implements this technique is a
generator of signals able to synthesis all the analyzed signals. The signals analyzed by the generator are compared
with the signals to be analyzed, and a measure of error is calculated. Different signals are generated until it finds
one that causes an error to reach some small value, the moment in which the analyzer indicates the properties of
the internally generated signal (35).
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(3G), has let to the development of new encoders to provide higher fidelity voice than that of
classic telephony which limits the signal frequencies up to 4 [kHz], extending the
aforementioned range up to 8 o 16 [kHz] (36). From this we may infer that by increasing the
bandwidth, the quantity of contained redundancy in the digitized signal is raised to improve
the robustness of the message.

Within the Speech Profile of MPEG-4, specialized tools are integrated for the
codification of voice, which operate in the range of 2 to 24 [kbps]. They are CELP (CodeExcited
Linear Prediction) and HVXC (Harmonic Vector eXcitationCoding), which was selected to cover
the range from 2 to 4 [kbps] (34, 37, 38). Both are part of the hybrid encoder family. It is
important to note that the value of optimal compression is approximated using predictive
analysis, which eliminates the greatest amount of redundancy possible in the signal.

B.4.1.1 Voice compression rates over time

Regarding digital fixed-line phones, from 1972 up to today the standard is G.711, with
compression factors equal to 1.63 and 1.75 for the United States, Japan, and Australia, and for
Europe and the rest of the world, respectively; has remained constant (39). The case of mobile
telephones and VolP is different and is presented in the following.

1986

Only the analog mobile phone existed by this time, for which no compression scheme
is used.

1993

The only digital mobile technology commercially available was GSM (since 1992),
which utilized the GSM.FR algorithm, based on RPE-LPC, achieving a compression factor equal
to 8.

2000

In the year 2000, there already existed GSM and 2.5G GPRS, PDC, TDMA, iDEN and
cdmaOne technologies. To calculate the average compression factor, we consider the
percentages that each of them represents of the total subscribers of digital technologies and
their respective compression factors. In this way obtaining a weighted average of 13 (Table S
B-14).

Table S B-14: Compression factors for technologies in use in 2000.

GSM cdmaOne PDC TDMA iDEN
% subscribers 68.1 12.4 7.8 10.4 1.3
Compression factor 15.1 4.9 15.5 8.0 8.0

Average factor 13.0

Source: Authors’ own elaboration, based on various sources (see text).
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VolP had already been functioning for five years in 2000 (in 1995, a small company
called VocalTech released the first software with support for VolP (40), right after the
appearance of the Intelx486 which could manage the coding/decoding of voice in real time).
VolP supports a large amount of compression algorithms, and the one that is eventually
utilized is “negotiated” between the participants in agreement with those used by each party
and with the nature of the web traffic at this moment. Table S B-15 shows the most common
encoders, together with their compression rates. Given that there is no a priori knowledge on
which percentages represent each one or which is the most popular, we have opted to utilize a
simple average of the representative compression factor, equal to 7.9: 1.

Table S B-15: Most-used compression algorithms by VolP before 2000 and their respective

compression rates.

Codec Year [kbps] Sample Rate[kHz] Bits/Sample Compression Factor
G.711 1988 64 8 13 0or 14 1.7

G.729 1996 8 8 13 13.0
G.723.1 1996 6.3 8 13 16.5
G.723.1 1996 5.3 8 13 19.6
G.726 1990 32 8 13 33
G.726 1990 24 8 13 4.3
G.722 1988 48 16 14 4.7
G.722 1988 56 16 14 4.0
G.722 1988 64 16 16 4.0
GSM 1986 13 8 13 8.0

Average compression factor 7.91

Source: (41-43)
2007
To the previous technologies, we add those of the third generation: (UMTS),
cdma2000 1x y cdma2000 1xEV-DO. The procedure for obtaining the average compression
factor is the same as described above.

Table S B-16: Compression factors for technologies in use in 2007.

CDMA2000 CDMA2000
GSM cdmaOne PDC TDMA iDEN WCDMA

1x 1xEV-DO
% subscribers 81.0 0.4 0.5 0.2 0.9 9.0 5.6 2.5
Compression factor 15.1 4.9 15.5 8.0 26.0 15.0 16.8 20.2

Average factor 15.4

Source: Authors’ own elaboration, based on various sources (see text).

Given that there is no further information regarding VolP, we have opted to use a simple
average of the compression factors reported in Table S B-15 and Table S B-17, which is equal to
8.28.

Table S B-17: Most-used compression algorithms by VolP and their respective compression rates.

Codec Year [kbps] Sample rate Bits/Sample Compression Factor
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[kHz]

iLBC 2002 15.2 8 16 8.4
Speex 2003 2.15-24.6 8 16 9.6
Speex 2003 4.0-44.2 16 16 10.6

Average compression factor (considering Table S B-15) 8.28

Source: (41-43)

Optimal

We have considered the subjective results of the quality evaluations of encoded
narrowband voice (37, 39). These are expressed in MOS (Mean Opinion Score) values, which
provide a numerical index of the perceived quality of sound received after compression and/or
transmission. Just as the name indicates, this index is subjective, and is based on the perceived
quality by the persons that participate in the sample. The relevant question follows a scale of
1-5, with 5 points being excellent quality, and 1 point poor quality. Table S B-18 shows the
equivalence between the value of this measure and the quality.

Table S B-18: Description of MOS rating system

MOS 5 4 3 2 1
Quality Excellent Good Acceptable Poor Very Poor
Perceptible, but not Slightl Ver
Distortion Imperceptible P . 8 'y Annoying y
annoying annoying annoying

Source: (118)

Measurements have been made on how many bits are needed to encode different
telephone calls with CELP-MPE/HVXC. It has been found that for acceptable quality (close to 3
on the MOS scale, see Table S B-19) some 4 kbps are required to digitize all of the information
contained in a call with CELP-MPE/HVXC, while for good quality (close to 4 MOS points), 12
kbps would be required. It has been discovered that MOS for digital land line telephony (G.711
codification) is in the MOS range of [3.6 - 4.1] (44, 46). For our purposes we have therefore
considered the highest average MOS rate from the tests, that of 12 [kbps] with CELP-MPE, for
the calculation of the compression rate. Similarly, in the case of analog transmission, where an
acceptable quality has been supposed, a rate of 8.3 [kbps] will be used, which is also achieved
with CELP-MPE (see Table S B-19).

Table S B-19: Results of subjective quality tests on coding of narrowband voice in SpeechProfile
MPEG-4.

HVXC HVXC CELP-MPE CELP-MPE AMR-WB EVR-C
Bit rate [kbps] 2 4 8.3 12 12.65 8.55
MOS 2.53 2.92 3.25 3.69 3.78 3.82

Source: (39, 47, 48).
Regarding mobile telefony, as a compression technique, RPE-LPC utilized for GSM has

an MOS that varies from between 2.91 and 3.16 (47). Following the logic of selecting the
transmission rate achieved with the codification in accordance with quality, it can be said that
a rate of 4 [kbps] is appropriate, given that the perception of quality is comparable. On the
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other hand, in agreement with (49), the typical MOS for a call in AMPS is 2.3, a rate of 2 [kbps]
is considered the most suitable for analog telefony.

The following table presents the compression factors for consideration. They were
calculated in the following fashion: in digital telephony it is supposed that, in accordance with
the MOS, its compression rate can be optimally compressed at 12 [kbps]. This implies that it
achieves a compression rate of 9.0, which is equal to the ratio between the simple average of
the digitized rates (112 y 104 [kbps]) and the compressed rates (12 [kbps]). As for analog
telephony, we may follow the same logic, supposing however that the optimally compressed
rate is 8.33 [kbps] and the average rate of digitized voice is 100 [kbps], which would indicate a
compression factor of 12.

Table S B-20: Compression rates for the transmission of voice via telephone

. . . . . . Digital Mobile
Fixed-line analog Fixed-line Digital Analog Mobile
2G/2.5G 3G
Compression factor 12.0 9.0 32.0 16.0 22.9

Source: Authors’ own elaboration based on (39, 47).

For 2G/2.5G mobile telephony, compression factors achieved with HVXC are used for
bit rates of 2 to 4 [kbps], which is to say, 32 and 16 respectively. For 3G, we consider a
weighted average —in accordance with the percentage of users- of the compression factors
with Wideband AMR-WB and CELP WB algorithms. It is important to mention that in spite of
these algorithms achieving higher compression (lower rates than those considered for the
calculation on capacity), a potential compromise forces us to chose the rates that assure to
maintain the same level of quality. In the case of VolP, there is no typical measurement, as the
MOS varies depending on the encoder used, the conditions of the web, etc. The maximum is
obtained with the use of G.711 (MOS = 4.4) (50), and various sources report that a fall below
3.5 would serve as an indication of problems (51). It is for this reason that we consider the
compression of 2007 and not that which would be obtained in Table S B-19, since this one is
less than the achieved compression of 2007.

B.4.2 Audio: MPEG

Audio compression methods, like image compression, may or may not allow losses of
irrelevant information. Any loss does normally not result in a large damage of the quality of the
reconstructed archive. Lossless algorithms take advantage of the fact that adjacent signal
samples are highly correlated (it is not difficult to imagine if you consider that generally, in the
digitization of an audio signal, more than 40 thousand samples are taken in a single second)
(52). Audio signals may be generated using a great number of different mechanisms. For this
reason, the compression algorithms for lossy audio are focused on a model of sound
perception, in other words, they utilize a psychoacoustic (ear+brain) model of human hearing,
unlike voice compressors which are based on a model of the information source (in the output
of the voice) to be able to identify the structures in the voice signal that can be used for their

31



compression (6, 8, 31). With the identification of what can and can not be heard, the schemes
achieve a high level of compression by removing what can not be perceived.

There exist a large quantity of file formats and compression algorithms, both with
losses and without, but the method of lossy compression most widely used is MPEG (Moving
Pictures Experts Group) (54, 111, 112). The original objective of MPEG was to create a standard
for the codification of both audio and video in digital media storage. However, the part
associated with the codification of audio began to be developed separately thanks to diverse
studies and experiments. These trials proved that it was possible to compress a lossy audio
signal without damaging its quality (6). With this, MPEG audio began to be utilized for several
applications; such as the transmission of digital audio (with Eureka-147 DAB,WorldSpace, ARIB,
DRM), the storage of archives in broadcasting, the sound in digital television (DVB, Video CD,
ARIB), streaming Internet, portable audio devices and for the storage and interchange of music
files in computers.

The standard codification of MPEG-1 audio (1992) contains three different layers
known as I, Il, and lll. MPEG-2 (1994) inherits and incorporates a new characteristic for
improving the efficiency of codificiation, which in 1997 became the MPEG-2 AAC (Advanced
Audio Coding) standard, a second generation audio compression scheme for the generic
codification of stereo and multichannel signals (6, 8, 31, 53-55). One famous standard is the
MPEG Audio Layer-3, better known as MP3. The difference between the different layers is that
their complexity and performance increase progressively.

For its part, MPEG-4 is different than the two standards that came before. It puts more
emphasis on the development of new features than on the efficiency of the codification. This
standard aims to facilitate the growing interaction and overlap between the worlds of
telecommunications, computation and massive electronic devices (TV and radio). As far as
audio is concerned, MPEG-4 has a family of compression algorithms that range from voice
compressors (at rates as low as 2 [kbps]) to high quality audio encoders for low bit rates (64
[kbps] per channel). It must be noted that for medium and high bit rates, MPEG-4 does not
implement any improvement over MPEG-2 AAC.

MPEG does not work at a fixed compression rate. The resulting bit rate depends on the
desired quality of the person who is using the encoder. For example, MP3s may have rates that
vary from 8 to 320 [kbps], with which the compression ratio shifts between 4:1 and 176:1.
What matters here is that the larger the bit rate or the less the compression rate, the better
the quality, as the audio compression meets the general rule that says that the higher the bit
rate, the better the quality of the audio played, since more original information is included in
the compressed file. In addition to this, the audio quality depends as much on the quality of
the encoder as on the nature of the signal to be encoded.

Based on various studies that have tested diverse encoders and digital audio formats
in a subjective manner (i.e., a group of listeners listen to different sound archives and then
grade them), we present the bit rates and their respective qualities (see Table S B-21). It is
certain that there exist qualities lower than this, but given the consequences of the use of
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lower rates (noticeable noise, unnatural sound, poorly defined bass/treble, “elimination” of
instruments, etc.), such types have not been included in this study. In other words, this is
equivalent to saying that at the time of compressing audio files, users prefer to have a backup
of acceptable quality, although it would use more space in their storage devices.

Table S B-21: Bit rates vs. Quality for different audio compression methods.

MPEG-1/2 MPEG-1/2 MPEG-1/2 MPEG-2

Quality Layer 1 Layer 2 Layer 3 AACY
Excellent (indistinguishable from CD) 384 -448 256 - 384 224-320 160 -256
[kbps] [kbps] [kbps] [kbps]
Very good (very similar to CD, small loss of 224 - 256 192 -224 128 - 160
quality) [kbps] [kbps] [kbps]
Good (sound different than CD, noise 192 -224 128 -192 96 — 128
perceptible, but not annoying) [kbps] [kbps] [kbps]

Sources: (56-63)

Because, perhaps, the main use of audio encoders is by common people who “rip”
their CDs so that they may store them digitally on computers or other digital devices, we
consider that MPEG-1/-2 signals are digitized in accordance with the audio CD format. In other
words: 44 100 samples per second, per channel (i.e., 88 200 samples per second if it is seen
immediately that two stored stereo sound channels are sampled), each coded with 16 bits
(64), which results in a rate of 1 411.2 [kbps]. In the case of MPEG-4, the digitization of the
signal is generally sampled with 48 [kHz] per channel (96 thousand samples per second if it is
stereo sound), coded with 16 bits per samples, showing a rate of 1 536 [kbps]. In Table S B-22,
we present the percentages of compression, derived from the quotient between the resulting
bit rates after compression and the digitized rates.

Table S B-22: Compression Factors

. MPEG-1/2 MPEG-1/2 MPEG-1/2
Quality MPEG-2 AAC
Layer 1 Layer 2 Layer 3

Excellent (indistinguishable from CD) 3.15-3.68 3.68-5.51 4.41-6.30 6.00-9.60

Very good (very similar to CD, small
) 5.51-6.30 6.30-7.35 9.60-12.00
loss of quality)

Good (sound different than CD, noise
. . . 6.30—-7.35 7.35-11.03 12.00 -16.00
perceptible, but not disturbing)

Source: Authors’ own elaboration, based on various sources (see text).

B.4.3 Audio compression rates over time

Y The equivalences between bit rates and quality between the MPEG-2 AAC and MP3 formats are like those of the
following (respectively): 96 is like 128 [kbps], 128 is like 192 [kbps], 160 is like 256 [kbps], 192 is like 256 [kbps], and
256 is like 320 [kbps].
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Audio compression is applied in three main fields: storage, broadcasting, and
streaming.

1986

The compression of digital audio was still being developed, and had not yet been
standardized.

1993

An algorithm existed that was used only for Digital compact Cassettes, PASC (Precision
Adaptive Sub-Band Coding) and was based on MPEG-1, achieving a compression ratio of 3.68:1
(110). However, given the sporadic use of this method, we do not consider compression for
this year. Sound stored on film (movies) is a special case. Since 1991, Dolby Digital codification
has remained the most utilized format (65). We assume that the typical sample rate is 44.1
[kHz], each sample coded with 16 bits and the sound with 6 channels (66). This results in a rate
of 705.6 [kbps] per channel and a total of 4 233.6 [kbps]. Given that the compressed bit rate is
commonly found at 384 [kbps], a compression factor equal to 11.025 is obtained.

2000
Storage

MPEG Audio Layer-3 or MP3 (from 1996) rapidly became the most popular format for
the compression of digital audio (67), which can be assumed to be used starting from the
appearance of the first completely functional MP3 reproduction software in 1997-1998 —the
well-known Winamp (68)—. Storage devices are divided into two categories: those that utilize
MP3 with excellent quality, and those with good quality, with average compression factors
equal to 5.36 and 6.83, respectively (calculated with the simple average or the corresponding
range in Table S B-22). A compression of very good quality compares to the quality of digital
audio without compression (CD). This sacrifice of storage capacity is due to the lower
compression that is achieved at higher quality.

In the case of film used for shooting movies, the audio is encoded with Dolby Digital, a
format which achieves an average compression rate of 12:1, this being the factor used to make
comparable the analog sound stored in the film.

Radio Broadcasting

It must be considered that the transmission of digital radio and the sale of devices able
to reproduce this information began only recently in 1999, with the standardization of DAB,
also known as Eureka 147. In those times, MPEG-2 Layer Il (MUSICAM) was used as the
compression algorithm, with a stereo transmission rate of 128 [Kbps] (109), the quality with
which the signal was reproduced was quite poor), which would imply a compression ratio of
11.025: 1.

TV Audio Broadcasting
The transmission of digital TV began in 1998 in the United Kingdom, the same
algorithm (implementing DVB, ATSC and ISDB) was used, except in this case with a rate of 128
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[Kbps] and a total transmission rate equal to 256 [Kbps] (69). Considering this, the compression
ratio for television is 5.51 : 1.

Streaming audio

For the streaming of audio, at least three systems existed in 2000: IceCast, Darwin
Streaming Server and SHOUTcast, which were used as MP3 compression algorithms. Internet
Radio was used to encode music (mono) with rates that vary between 28 and 56 [Kbps], so it
could be transmitted over dial-up connections in which we saw the predominant numbers
(117). Given what has been stated before, the corresponding average compression rate is 16.8:
1. This quality is not very good, but corresponds to the quality of streamed music.

2007
Storage

At the start of 2002, with the introduction of other compressed audio formats such as
Windows Media Audio and Ogg Vorbis which have a better quality/bit rate than MP3, it was
expected that the latter would become obsolete. Notwithstanding MP3 today continues to be
the most used standard. We therefore consider the same compression rate in storage systems
as in 2000. It is important to mention however, that the “new generation” of MPEG coding
(AAC, HE-AAC, etc.) is winning ground. While this technology was designed mainly for
streaming, iTunes 9 and many mobile telephones convert MP3 files to one of the
aforementioned formats to be stored. For films we also keep the previous compression rate.

Radio Broadcasting

For audio broadcasting, MPEG-4 HE-AAC is the new standard in digital radio systems
DAB+ (69). It allows for more redundancy and is less extreme in its lossy compression, which
brings it up to a compression factor of 7.35.

TV audio Broadcasting

For digital TV, MPEG-4 has also been adopted by the new standard DVB (DVB-T2/-S2/-
C2); however in 2007 this was not yet used. Since there is no evidence in the change of audio
encoding, the same compression rate is considered (6: 1).

Streaming audio

It is known that the mobile environment MPEG-4 AAC and AACv2 have been widely
adopted (note that streaming came with the introduction of 3G technologies in 2001). With
rates that vary between 48 and 64 [kbps] were able to play music with very good quality (70).
This results in a compression rate of 27.42 : 1.

In the field of wired audio streaming, although MPEG-4 counts with advantages, the
majority of content providers do not yet support it (114). While many streaming systems
already support at least AAC encoding, according to (63), MP3 continues to dominate the
scene. However, not anymore with the bit rates used in 2000. Following (71) currently the
rates vary from between 96 and 192 [Kbps] (in most cases the user can choose the rate which
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works best with the bandwidth which is available) with stereo sound. Considering the average
bit rate between the two, we end up with a compression rate equal to 10: 1.

It could seem strange that the compression rate in broadcasting and streaming does
not decrease when compared with the performance in 2000 and 2007. This is due to increasing
the bit rate available to users allowed to transmit higher quality audio (monaural sound versus
stereo 60 [kbps] versus one which varies between 128 and192 [kbps]). In the case of
broadcasting, the use of spectrum has been optimized. In short, this tendency does not say
that the performance of the encoders has worsened (as far as the compression rate is
concerned), but that content providers have preferred to increase the quality of signals
transmitted given the evolution in the tr